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MODEL-BASED FEED-FORWARD 
LINEARIZATION OF AMPLIFIERS 

FIELD OF THE INVENTION 

The present invention relates to signal processing, and, in 
particular, to techniques for lineariZing ampli?ers used in 
communications systems using feed-forWard compensation. 

BACKGROUND OF THE INVENTION 

Ampli?ers, such as high-poWer ampli?ers used in the 
base stations of Wireless communication systems, typically 
exhibit non-linearity over their operating ranges. This non 
linearity can result in noise that can corrupt or otherWise 
interfere With the communications. To address this problem, 
additional circuitry may be added to an ampli?er in an 
attempt to lineariZe the effective ampli?er response. Con 
ventional techniques for lineariZing ampli?ers typically 
involve pre-compensation and/or feed-forWard compensa 
tion. 

In ampli?er lineariZation based on pre-compensation, the 
input signal that is to be ampli?ed is pre-distorted prior to 
being applied to the ampli?er in order to adjust the input 
signal based on knoWn non-linearities in the ampli?er trans 
fer function. The pre-distortion module is typically con 
trolled using a feed-back signal based on the output signal 
generated by the ampli?er. In feed-forWard compensation, 
an auXiliary signal is fed forWard and combined With the 
output of the ampli?er to adjust the output signal for 
non-linearities in the ampli?er transfer function. 

FIG. 1 shoWs a high-level block diagram of a lineariZed 
ampli?er circuit 100 according to the prior art. Ampli?er 
circuit 100 utiliZes both pre-compensation and feed-forWard 
compensation to lineariZe the response of a high-poWer 
ampli?er (HPA) 104. Ampli?er circuit 100 has a main signal 
processing channel and an auXiliary signal processing chan 
nel. The main channel includes pre-distorter 102, HPA 104, 
and high-poWer delay module 106, While the auXiliary 
channel includes delay module 110, summation node 114, 
and loW-poWer ampli?er (LPA) 116. In addition, ampli?er 
circuit 100 includes summation node 108. 

The input signal is applied to both pre-distorter 102 and 
delay module 110. Pre-distorter 102 pre-distorts (i.e., pre 
compensates) the input signal prior to being applied to HPA 
104. The output from HPA 104 is applied to high-poWer 
delay module 106 and coupled off at node 112. Summation 
node 114 subtracts the delayed input signal of delay module 
110 from the attenuated ampli?er signal from node 112 to 
generate the input to LPA 116. Summation node 108 sub 
tracts the output of LPA 116 from the delayed output of HPA 
104 to generate the lineariZed output signal. 

Although not shoWn in FIG. 1, ampli?er circuit 100 
Would also typically have a third (“feed-back control”) 
channel in Which control signals are generated based on 
output signals from one or more of the various components 
(e.g., pre-distorter 102, HPA 104, summation node 114, 
and/or LPA 116) and used to control the operations of 
different components, such as pre-distorter 102 and/or LPA 
116. 

The purpose of delay modules 106 and 110 is to ensure 
synchroniZation betWeen the pairs of signals combined at 
summation nodes 108 and 114, respectively. In particular, 
delay module 110 delays the input signal to account for the 
processing time of pre-distorter 102 and HPA 104, While 
high-poWer delay module 106 delays the high-poWer output 
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of HPA 104 to account for the processing time of summation 
node 114 and LPA 116. These delays become more and more 
undesirable as the speed of data communications increases. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Other aspects, features, and advantages of the present 
invention Will become more fully apparent from the folloW 
ing detailed description, the appended claims, and the 
accompanying draWings in Which like reference numerals 
identify similar or identical elements. 

FIG. 1 is a high-level block diagram of a lineariZed 
ampli?er circuit of the prior art. 

FIG. 2 shoWs a high-level block diagram of a lineariZed 
ampli?er circuit of the present invention. 

FIG. 3 is a block diagram of a lineariZed ampli?er circuit, 
according to one embodiment of the present invention. 

DETAILED DESCRIPTION 

Generic Embodiment 

FIG. 2 shoWs a high-level block diagram of a lineariZed 
ampli?er circuit 200 of the present invention. Like prior-art 
ampli?er circuit 100 of FIG. 1, ampli?er circuit 200 utiliZes 
both pre-compensation and feed-forWard compensation to 
lineariZe the response of a high-poWer ampli?er 204. Ampli 
?er circuit 200 has a main signal processing channel and an 
auXiliary signal processing channel. The main channel 
includes pre-distorter 202, delay module 203, and HPA 204, 
While the auXiliary channel includes non-linear HPA model 
block 212, summation node 214, and loW-poWer ampli?er 
216. In addition, ampli?er circuit 200 includes delay module 
210 and summation node 208. 

The input signal is applied to pre-distorter 202, delay 
module 210, and HPA model 212. Pre-distorter 202 pre 
distorts (i.e., pre-compensates) the input signal prior to 
being applied to HPA204 via delay module 203. HPA model 
212 provides a model of the distortion of HPA 204. In 
particular, HPA model 212 processes the input signal based 
on a model of the non-linearities of HPA 204. Summation 
node 214 subtracts the ?ltered input signal from HPA model 
212 from the delayed input signal from delay module 210 to 
generate an error signal that represents the ampli?er distor 
tion and Which is applied to loW-poWer ampli?er 216. 
Summation node 208 subtracts the output of LPA 216 from 
the output of HPA 104 to generate the lineariZed output 
signal. 

Although not shoWn in FIG. 2, ampli?er circuit 200 
Would also typically have a third (“feed-back control”) 
channel in Which control signals are generated based on 
output signals from one or more of the various components 
(e.g., pre-distorter 202, HPA 204, summation node 214, 
and/or LPA 216) and used to control the operations of 
different components, such as pre-distorter 202, HPA model 
212, and/or LPA 216. 
LoW-poWer delay modules 203 and 210 ensure synchro 

niZation betWeen the pairs of signals combined at summa 
tions nodes 208 and 214, respectively. In particular, delay 
module 210 delays the input signal to account for the 
processing time of HPA model 212, While delay module 203 
delays the input to HPA 104 to account for differences in 
processing time betWeen the main and auXiliary channels. 
One difference betWeen the architecture of ampli?er cir 

cuit 200 of the present invention and prior art ampli?er 
circuit 100 of FIG. 1 is that, in ampli?er circuit 200, the error 
signal in the auXiliary channel is generated using HPA model 
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212, While, in ampli?er circuit 100, the error signal in the 
auxiliary channel is generated using the actual output from 
HPA 104. As a result, in ampli?er circuit 200, a high-poWer 
delay module similar to high-poWer delay module 106 of 
ampli?er circuit 100 is not needed to delay the output from 
HPA 204 in order to synchroniZe the inputs to summation 
node 208. Furthermore, the overall delay from input to 
output in ampli?er circuit 200 can be reduced relative to the 
overall delay of prior art ampli?er circuit 100. 
By careful design of the various components in the main 

and auXiliary channels, the overall processing time of pre 
distorter 202 and HPA 204 in the main channel can be the 
same as the overall processing time of the auXiliary channel. 
In this case, delay module 203 can be eliminated. Even if 
some delay is needed to synchroniZe the main and auXiliary 
channel signals, such delay Will still be smaller than the 
overall delay associated With prior art ampli?er circuit 100 
and such delay does not need to be applied to a high-poWer 
signal as in ampli?er circuit 100. 

RF Embodiment 

FIG. 3 shoWs a block diagram of a lineariZed ampli?er 
circuit 300, according to one embodiment of the present 
invention that ampli?es a radio frequency (RF) input signal. 
Ampli?er circuit 300 has three signal processing channels: 
a main channel, an auXiliary channel, and a feed-back 
control channel. In particular, ampli?er circuit 300 receives 
an analog RF input signal for (optional) pre-compensation 
and ampli?cation by the main signal processing channel. 
The auXiliary channel generates an auXiliary signal that is 
fed forWard and combined With the output of the main 
channel to generate a lineariZed output signal for the circuit. 
The feed-back control channel generates control signals that 
are used to control operations of various components in the 
main and auXiliary channels. 
More particularly, the main channel includes digital pre 

distorter 306, adaptive equaliZer 308, digital-to-analog con 
verter (DAC) 310,IF/RF (intermediate frequency to radio 
frequency) up converter 312, and non-linear high-poWer 
ampli?er 314. The auXiliary channel includes non-linear 
HPA model block 316, summation node 318, adaptive 
equaliZer 320, DAC 322, IF/RF up converter 324, and 
loW-poWer ampli?er 326. The control feed-back channel 
includes sWitch block 330, RF/IF doWn converter 332, 
analog-to-digital converter (ADC) 334, and control algo 
rithm block 336. In addition, ampli?er circuit 300 includes 
RF/IF doWn converter 302, ADC 304, and summation node 
328. 

In operation, a composite analog RF input signal uin(t) 
located Within the operating bandWidth of ampli?er circuit 
300 is fed to RF/IF doWn converter 302, Which converts and 
centers the RF input signal at an appropriate intermediate 
frequency as analog IF signal yif(t). ADC 304 samples and 
quantiZes IF signal yi]¢(t) to produce discrete time signal 
yadc(n), copies of Which are applied to digital pre-distorter 
306, HPA model 316, summation node 318 (via a delay 
module (not shoWn) analogous to delay module 210 in FIG. 
2), and control algorithm 336. 

In the main channel, digital pre-distorter 306 pre-distorts 
(i.e., pre-compensates) digital signal yadc(n) to generate 
pre-distorted signal ypre(n). Pre-distorter 306, Which is an 
optional component, is preferably implemented using a 
combination of look-up tables (LUTs) and ?lters, Which can 
be periodically updated via the control feed-back channel. 

The pre-distorted signal ypre(n) is then processed by 
adaptive equaliZation ?lter block 308 to compensate for 
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4 
variation in amplitude and phase in the main channel. 
EqualiZer 308 also compensates for differences betWeen the 
main and auXiliary channels. The resulting equaliZed signal 
yeq(n) is converted by DAC 310 into an analog IF signal 
y dac(t). IF/RF up converter 312 converts the IF signal y dac(t) 
into an RF signal yup(t) for input to and ampli?cation by 
non-linear HPA 314, Which produces ampli?ed signal yn-l(t). 
In a preferred implementation, equaliZer 308 generates con 
trol signals for controlling the gain of HPA 314. 

In the auXiliary channel, digital signal yadc(n) is fed to 
HPA model 316, Which produces a digital signal y?nl(n). A 
system identi?cation algorithm that resides in control algo 
rithm block 336 adapts this non-linear model to generate an 
accurate representation of the main channel of ampli?er 
circuit 300. The model input signal yadc(n) is subtracted 
from the model output signal y?nl(n) at summation node 318 
to generate an error signal yfferr(n) containing information 
about the ampli?er distortion. This distortion signal yfferr(n) 
is processed by adaptive equaliZer 320, Where amplitude and 
phase variations in the auXiliary channel are equaliZed. 
Similar to the main channel, the equaliZed signal yffeq(n) is 
converted to an analog IF signal yffdac(t) by DAC 322 and 
converted to an RF signal Yffup(t) by IF/RF up converter 324. 
Since the poWer of the distortion signal is typically loW 
relative to the poWer of the input signal, the output yffup(t) of 
up converter 324 is ampli?ed by a loW-poWer ampli?er 326 
operating Within its linear region. The resulting linearly 
ampli?ed ye,,(t) is subtracted from the main channel output 
signal yn-l(t) by summation node 328 to produce the linear 
iZed output signal y(t) for ampli?er circuit 300. In a pre 
ferred implementation, equaliZer 320 generates control sig 
nals for controlling the gain of LPA 326. 
The feed-back control channel receives ?ve inputs: yup(t) 

from up converter 312, yn-l(t) from non-linear HPA 314, 
yffup(t) from up converter 324, ye,,(t) from LPA 326, and y(t) 
from summation node 328. Digitally controlled sWitch block 
330 determines Which of these ?ve signals is used in the 
feed-back control channel. A combination of one or more of 
these signals is used for the system identi?cation algorithm, 
pre-distorter computation, and/or equaliZation. 

In particular, RF/IF doWn converter 332 converts the RF 
signals to IF and ADC 334 digitiZes the resulting IF signals 
for application to control algorithm block 336. The control 
algorithm computes (a) parameters for digital pre-distorter 
306 and HPA model 316 and (b) coefficients for equaliZers 
308 and 320. Additionally, the control algorithm is prefer 
ably able to perform system calibration, poWer management, 
and other support features. 
The architecture shoWn in FIG. 3 assumes that the overall 

processing time of the main channel is the same as the 
overall processing time of the auXiliary channel. This can be 
achieved by careful design of the various components in 
those channels. Processing time differences can also be 
compensated for using equaliZers 308 and 320. Even if some 
delay is needed to synchroniZe the channel signals, such 
delay Will still be smaller than the overall delay associated 
With prior art ampli?er circuit 100 and such delay does not 
need to be applied to a high-poWer signal as in ampli?er 
circuit 100. 

Further information on some of these different compo 
nents is provided in the folloWing sections. 

Pre-distorter 

Digital pre-distorter 306 of ampli?er circuit 300 is an 
optional component. When pre-distorter 306 is included in 
the architecture, the ampli?er circuit of FIG. 3 lineariZes 
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HPA 314 using both pre-compensation and feed-forWard 
compensation. When excluded, the ampli?er circuit uses 
only feed-forWard compensation. 

The implementation of pre-distorter 306 preferably 
involves adaptively updating look-up tables and ?lters. The 
pre-distortion linearization scheme Would involve an adap 
tively updated function G(yadc(n)) that operates on the input 
signal in such a Way that the compleX-valued pre 
compensated signal yp,e(n) is distorted in a precisely 
complementary manner to the non-linearAM-AM, AM-PM, 
and other frequency-dependent distortion produced by HPA 
314. Such pre-distortion linearization schemes are described 
in US. patent application Ser. No. 10/245,008, ?led on Sep. 
17, 2002 (“the ’008 application”), the teachings of Which are 
incorporated herein by reference. 

Equalizers 

Equalizers 308 and 320 of ampli?er circuit 300 are 
designed to equalize any phase and amplitude differences 
betWeen the auXiliary and main channels that arise due to 
unpredictable component variations. In addition to equaliz 
ing phase and magnitude, the equalizers can also be imple 
mented to automatically compensate for delay imbalances 
betWeen the main and auXiliary channels to properly align 
(i.e., synchronize) the signals applied to summation node 
328. These equalizers are preferably implemented With ?nite 
impulse response (FIR) ?lters With coefficients that can be 
updated by control algorithm block 336. 

In particular, adaptive equalizer 308 is preferably 
designed to compensate for the frequency response 
(amplitude and group-delay variations) of the main channel 
up-conversion path that includes DAC 310 and IF/RF up 
converter 312. Equalizer 308 is designed such that the input 
yup(t) to HPA 314 is a delayed version of the output ypre(n) 
from pre-distortion block 306. 

The equalizer coef?cients may be computed by the 
method of least squares. Assume that sWitch block 330 is set 
to sample the output of IF/RF up converter 312, so that the 
output of the feed-back channel ADC 334 is a sampled 
version of the output yup(n) of up converter 312. The 
equalization problem can noW be described as folloWs: 
Compute a set of ?lter coef?cients such that yup(n)=ypre(n— 
d), Where d is an arbitrary delay. 

If the impulse response of equalizer 308 is denoted by 
h(n) and the impulse response of the up-conversion (i.e., 
DAC 310+up converter 312) is denoted by g(n), then, 
according to Equation (1): 

Where denotes the convolution operator. Therefore, the 
optimum equalizer satis?es Equation (2) as folloWs: 

Combining Equations (1) and (2) yields Equation (3) as 
folloWs: 

Where v(n)=ypre(n)*h(n). 
Equation (3) may be used to determine the coefficients of 

equalizer 308. Assume that the equalizer is implemented as 
an FIR ?lter of length Neq and that the equalizer coefficients 
are represented in a column vector h(n) as [h(1) h(2) . . . 
h(Neq)]T. The steps for computing the equalizer coefficients 
are: 

(3) 
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6 
(1) Capture N samples of v(n) and yup(n). 
(2) Construct the convolution matriX Yup(n) of Equation 

(4) as folloWs: 

Mp0) 0 0 (4) 

mp0) yup?) 0 
Yum = I . . 

MN) MAN-1 y.p<1v—1v.q+1> Meg 

and the delay vector v(n-d) of Equation (5) as folloWs: 

Od,l (5) 
v(l) 

v(n — d) = : 

v(N - d) Nxl 

(3) Solve for the equalizer coef?cients by minimizing the 
cost function Ch of the folloWing Equation (6): 

The solution is obtained by setting 

Which yields Equation (7) as folloWs: 

Where YupH(n) is the conjugate transpose of the convolution 
matriX Yup(n). Equalizer 308 uses the computed coefficients 
to equalize the pre-distorted signal ypre(n). 
The method described above can also be used to deter 

mine the coef?cients for the auXiliary channel equalizer 320, 
such that the input to LPA 326 Will be a delayed replica of 
the error signal generated at summation node 318. 

Non-linear HPA Model 

Non-linear HPA model 316 is used to form an accurate 
model of HPA314 based on parameters updated periodically 
by an adaptive system identi?cation algorithm that relies on 
least mean squares (LMS) or recursive least squares (RLS) 
techniques. The input signal is subtracted from the output of 
HPA model 316 to generate an error signal that Will contain 
an estimate of the ampli?er distortion. The distortion intro 
duced by HPA 314 is assumed to be loW poWer relative to 
the distortion-free input RF signal. HPA model 316 may be 
implemented by a digital signal processor (DSP). When the 
HPA model is implemented digitally, the number and type of 
adjustable parameters can be increased to achieve increas 
ingly greater accuracy and improved linearity performance. 
In alternative embodiments, HPA model 316 may be imple 
mented in hardWare using analog components. In a preferred 
embodiment, HPA model 316 is generated and implemented 
using the methods described in the ’008 application. 

LoW-poWer Ampli?er 

Since the signal in the auXiliary channel is relatively loW 
in poWer, LPA 326 of ampli?er circuit 300 ampli?es the 
input signal While operating in its linear region. Ideally, the 
output signal from LPA 326 is an eXact ampli?ed replica of 
the input signal applied to LPA 326, i.e., yerr(t)=Ky?up(t), 
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Where K is the gain of the LPA that is constant over the 
operating region. 

Control Algorithm 

In a preferred embodiment, control algorithm 336 per 
forms the following steps: 

(1) Set sWitch box 330 to capture the output yup(t) of the 
main channel up converter 312 synchronously With 
ypre(n). Compute the equaliZer coef?cients for the main 
channel from ypre(n) and yup(t) using the method 
described previously in the section entitled “Equalizer.” 

(2) Set sWitch box 330 to capture the output yffup(t) of the 
auxiliary channel up converter 324 synchronously With 
yfferr(n). Compute the equaliZer coef?cients for the 
auxiliary channel from yfferr(n) and yffup(t) using the 
method described previously in the section entitled 
“Equalizer.” 

(3) Set sWitch box 330 to capture the output yn-l(t) of HPA 
314. Compute an ampli?er model from uin(t) and yn-l(t) 
using the technique described in the ’008 application. 

(4) Load the parameters for the ampli?er model into HPA 
model 316 and generate the error signal output by 
summation block 318. 

(5) Adjust the delay, gain, and phase of equaliZer 320 to 
synchronously cancel the distortion from HPA 314 by 
subtracting the up-converted error signal yerr(t) from 
yn'l(t)' 

(6) Repeat steps (1)—(5), if desired, to continuously adapt 
ampli?er circuit 300 for optimal performance. 

Alternative Embodiments 

Although FIG. 2 shoWs summation node 214 subtracting 
the input signal from the output of HPA model 212 and 
summation node 208 subtracting the output signal from LPA 
216 from the output signal from HPA 204, those skilled in 
the art Will understand that an ampli?er circuit could also be 
implemented With these subtractions reversed. The same 
alternative applies to the subtractions at summation nodes 
318 and 328 in the ampli?er circuit of FIG. 3. 

The present invention has been described in the context of 
ampli?er circuit 300 of FIG. 3, in Which an analog RF input 
signal is ampli?ed, but Where the input signal is doWn 
converted to an intermediate frequency and digitiZed for 
optional pre-compensation and feed-forWard compensation 
processing. The present invention is not limited to such an 
embodiment for such an application. In other applications, 
the present invention may be applied to amplify input 
signals other than analog RF signals, such as analog signals 
at other frequencies and/or digital signals. For example, a 
digital input signal could be processed to generate an 
ampli?ed analog output signal. In addition, in other 
embodiments, the optional pre-compensation and/or feed 
forWard compensation processing may be implemented at 
frequencies other than IF, such as at RF or at baseband, 
and/or in the analog domain. 

The present invention may be implemented in the context 
of Wireless signals transmitted from a base station to one or 
more mobile units of a Wireless communication netWork. In 
theory, embodiments of the present invention could be 
implemented for Wireless signals transmitted from a mobile 
unit to one or more base stations. The present invention can 
also be implemented in the context of other Wireless and 
even Wired communication netWorks to reduce spurious 
emissions. 

Embodiments of the present invention may be imple 
mented as circuit-based processes, including possible imple 

8 
mentation on a single integrated circuit. As Would be appar 
ent to one skilled in the art, various functions of circuit 
elements may also be implemented as processing steps in a 
softWare program. Such softWare may be employed in, for 

5 example, a digital signal processor, micro-controller, or 
general-purpose computer. 

It Will be further understood that various changes in the 
details, materials, and arrangements of the parts Which have 
been described and illustrated in order to explain the nature 
of this invention may be made by those skilled in the art 
Without departing from the scope of the invention as 
expressed in the folloWing claims. 
What is claimed is: 
1. An ampli?er circuit adapted to generate a lineariZed 

ampli?ed output signal from an input signal, the ampli?er 
circuit comprising: 

10 

15 

a main channel adapted to receive the input signal and 
generate an ampli?ed main channel signal using a main 
ampli?er operated in its non-linear region; 

an auxiliary channel adapted to apply the input signal to 
a model of the main ampli?er to generate an auxiliary 
channel signal; and 

a summation node adapted to combine the ampli?ed main 
channel signal and the auxiliary channel signal to 
generate the lineariZed ampli?ed output signal, Wherein 
the auxiliary channel further comprises: 
an auxiliary summation node adapted to generate an 

error signal based on a difference betWeen the input 
signal and the output of the main ampli?er model; 
and 

an auxiliary ampli?er adapted to amplify the error 
signal to generate the auxiliary channel signal. 

2. The invention of claim 1, Wherein the auxiliary ampli 
?er is operated in its linear region. 

3. The invention of claim 1, Wherein the poWer level of the 
auxiliary ampli?er is less than the poWer level of the main 
ampli?er. 

4. The invention of claim 1, Wherein the ampli?ed main 
channel signal is not applied directly to the main ampli?er 
model in generating the auxiliary channel signal. 

5. The invention of claim 1, Wherein the ampli?er circuit 
is implemented Without any high-poWer delay modules. 

6. The invention of claim 1, Wherein the ampli?er circuit 
is implemented Without any delay module betWeen the 
output of the main ampli?er and the summation node. 

7. The invention of claim 1, further comprising a feed 
back control channel adapted to generate one or more 
control signals for controlling operations of one or more 
components in the main and auxiliary channels. 

8. The invention of claim 1, Wherein the main channel 
further comprises a pre-distorter adapted to pre-distort the 
input signal prior to application to the main ampli?er. 

9. The invention of claim 1, Wherein: 
the main channel further comprises a main equaliZer 

adapted to equaliZe the main channel signal prior to 
application to the main ampli?er; and 

the auxiliary channel further comprises an auxiliary 
equaliZer adapted to equaliZe the error signal, Wherein 
the auxiliary ampli?er is adapted to amplify the equal 
iZed error signal to generate the auxiliary channel 
signal. 

10. The invention of claim 9, Wherein the main channel 
further comprises a pre-distorter adapted to pre-distort the 
input signal prior to application to the main equaliZer. 

11. The invention of claim 9, Wherein the auxiliary 
ampli?er is operated in its linear region. 

25 

45 

55 
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12. The invention of claim 9, wherein the power level of 
the auxiliary ampli?er is less than the power level of the 
main ampli?er. 

13. The invention of claim 9, wherein the main and 
auxiliary equalizers compensate for phase, amplitude, and 5 
delay differences between the main and auxiliary channels. 

14. The invention of claim 9, further comprising a feed 
back control channel adapted to generate one or more 
control signals for controlling operations of one or more of 
the main equalizer, the main ampli?er model, the auxiliary 
equalizer, and the auxiliary ampli?er. 

15. The invention of claim 14, wherein the feed-back 
control channel comprises: 

a switch block adapted to select one or more signals for 
use in generating the control signals; and 

a control algorithm block adapted to generate the one or 
more control signals from the one or more selected 
signals. 

16. The invention of claim 15, wherein the switch block 
is adapted to receive and select one or more of (1) the signal 
input to the main ampli?er, (2) the ampli?ed main channel 
signal output from the main ampli?er, (3) the signal input to 
the auxiliary ampli?er, (4) the auxiliary channel signal 
output from the auxiliary ampli?er, and (5) the linearized 
ampli?ed output signal from the summation node. 

17. The invention of claim 9, wherein the main equalizer, 
the main ampli?er model, and the auxiliary equalizer are 
adapted to operate in a digital domain. 

18. The invention of claim 17, wherein: 
the ampli?er circuit further comprises an analog-to-digital 

converter (ADC) adapted to digitize an analog input 
signal for processing by the main and auxiliary chan 
nels; 

the main channel further comprises a main digital-to 
analog converter (DAC) adapted to convert the output 
of the main equalizer to an analog domain prior to 
application to the main ampli?er; and the auxiliary 
channel further comprises an auxiliary DAC adapted to 
convert the output of the auxiliary equalizer to the 
analog domain prior to application to the auxiliary 
ampli?er. 

19. The invention of claim 18, wherein: 

the ampli?er circuit further comprises an RF/IF (radio 
frequency to intermediate frequency) converter adapted 
to convert an analog RF input signal into an analog IF 
input signal prior to application to the ADC; 

the main channel further comprises a main IF/RF con 
verter adapted to convert the output of the main DAC 
from IF to RF prior to application to the main ampli?er; 
and 

the auxiliary channel further comprises an auxiliary IF/RF 
converter adapted to convert the output of the auxiliary 
DAC from IF to RF prior to application to the auxiliary 
ampli?er. 

20. Amethod for generating a linearized ampli?ed output 
signal from an input signal, the method comprising: 

generating an ampli?ed main channel signal based on the 
input signal using a main ampli?er operating in its 
non-linear region; 

generating an auxiliary channel signal based on the input 
signal using a model of the main ampli?er; and 

combining the ampli?ed main channel signal and the 
auxiliary channel signal to generate the linearized 
ampli?ed output signal, wherein generating the auxil 
iary channel further comprises: 
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generating an error signal based on a difference 

between the input signal and the output of the main 
ampli?er model; and 

amplifying the error signal using an auxiliary ampli?er 
to generate the auxiliary channel signal. 

21. The invention of claim 20, wherein the auxiliary 
ampli?er is operated in its linear region. 

22. The invention of claim 20, wherein the power level of 
the auxiliary ampli?er is less than the power level of the 
main ampli?er. 

23. The invention of claim 20, wherein the ampli?ed main 
channel signal is not applied directly to the main ampli?er 
model in generating the auxiliary channel signal. 

24. The invention of claim 20, wherein the method is 
implemented without any high-power delay modules. 

25. The invention of claim 20, wherein the method is 
implemented without any delay module between the output 
of the main ampli?er and a summation node that combines 
the ampli?ed main channel signal and the auxiliary channel 
signal. 

26. The invention of claim 20, further comprising gener 
ating one or more control signals for controlling operations 
of one or more components in the main and auxiliary 
channels. 

27. The invention of claim 20, wherein generating the 
ampli?ed main channel signal comprises pre-distorting the 
input signal prior to application to the main ampli?er. 

28. The invention of claim 20, wherein: 
generating the ampli?ed main channel signal further 

comprises equalizing the main channel signal prior to 
application to the main ampli?er; and 

generating the auxiliary channel signal further comprises 
equalizing the error signal, wherein the equalized error 
signal is ampli?ed using the auxiliary ampli?er to 
generate the auxiliary channel signal. 

29. The invention of claim 28, wherein generating the 
ampli?ed main channel signals further comprises pre 
distorting the input signal prior to equalizing. 

30. The invention of claim 28, wherein the auxiliary 
ampli?er is operated in its linear region. 

31. The invention of claim 28, wherein the power level of 
the auxiliary ampli?er is less than the power level of the 
main ampli?er. 

32. The invention of claim 28, wherein equalizing the 
main channel signal and the error signal compensates for 
phase, amplitude, and delay differences between the main 
and auxiliary channels. 

33. The invention of claim 28, further comprising gener 
ating one or more control signals for controlling operations 
of one or more of a main equalizer, the main ampli?er 
model, an auxiliary equalizer, and the auxiliary ampli?er. 

34. The invention of claim 33, wherein generating the one 
or more control signals comprises: 

selecting one or more signals for use in generating the 
control signals; and 

generating the one or more control signals from the one or 
more selected signals. 

35. The invention of claim 34, wherein selecting the one 
or more signals comprises receiving and selecting one or 
more of (1) the signal input to the main ampli?er, (2) the 
ampli?ed main channel signal output from the main 
ampli?er, (3) the signal input to the auxiliary ampli?er, (4) 
the auxiliary channel signal output from the auxiliary 
ampli?er, and (5) the linearized ampli?ed output signal from 
a summation node that combines the ampli?ed main channel 
signal and the auxiliary channel signal. 

36. The invention of claim 28, wherein a main equalizer, 
the main ampli?er model, and an auxiliary equalizer are 
adapted to operate in a digital domain. 
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37. The invention of claim 36, further comprising: 
digitizing, using an ADC, an analog input signal for 

processing by the main and auxiliary channels; 
converting, using a main DAC, the output of the main 

equalizer to an analog domain prior to application to 
the main ampli?er; and 

converting, using an auxiliary DAC, the output of the 
auxiliary equaliZer to the analog domain prior to appli 
cation to the auxiliary ampli?er. 

38. The invention of claim 37, further comprising: 
converting an analog RF input signal into an analog IF 

input signal prior to application to the ADC; 
converting the output of the main DAC from IF to RF 

prior to application to the main ampli?er; and 
converting the output of the auxiliary DAC from IF to RF 

prior to application to the auxiliary ampli?er. 
39. An apparatus for generating a lineariZed ampli?ed 

output signal from an input signal, the apparatus comprising: 
means for generating an ampli?ed main channel signal 

based on the input signal using a main ampli?er oper 
ating in its non-linear region; 

means for generating an auxiliary channel signal based on 
the input signal using a model of the main ampli?er; 
and 

means for combining the ampli?ed main channel signal 
and the auxiliary channel signal to generate the linear 
iZed ampli?ed output signal, Wherein the means for 
generating the auxiliary channel signal comprises: 
means for generating an error signal based on a differ 

ence betWeen the input signal and the output of the 
main ampli?er model; and 

means for amplifying the error signal to generate the 
auxiliary channel signal. 

40. An ampli?er circuit adapted to generate a lineariZed 
ampli?ed output signal from an input signal, the ampli?er 
circuit comprising: 

a main channel adapted to receive the input signal and 
generate an ampli?ed main channel signal using a main 
ampli?er operated in its non-linear region; 

an auxiliary channel adapted to apply the input signal to 
a model of the main ampli?er to generate an auxiliary 
channel signal; and 

a summation node adapted to combine the ampli?ed main 
channel signal and the auxiliary channel signal to 
generate the lineariZed ampli?ed output signal, Wherein 
the ampli?ed main channel signal is not applied 
directly to the main ampli?er model in generating the 
auxiliary channel signal. 
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41. An ampli?er circuit adapted to generate a lineariZed 

ampli?ed output signal from an input signal, the ampli?er 
circuit comprising: 

a main channel adapted to receive the input signal and 
generate an ampli?ed main channel signal using a main 
ampli?er operated in its non-linear region; 

an auxiliary channel adapted to apply the input signal to 
a model of the main ampli?er to generate an auxiliary 
channel signal; 

a summation node adapted to combine the ampli?ed main 
channel signal and the auxiliary channel signal to 
generate the lineariZed ampli?ed output signal; and 

a feed-back control channel adapted to generate one or 
more control signals for controlling operations of one 
or more components in the main and auxiliary chan 
nels. 

42. An ampli?er circuit adapted to generate a lineariZed 
ampli?ed output signal from an input signal, the ampli?er 
circuit comprising: 

a main channel adapted to receive the input signal and 
generate an ampli?ed main channel signal using a main 
ampli?er operated in its non-linear region; 

an auxiliary channel adapted to apply the input signal to 
a model of the main ampli?er to generate an auxiliary 
channel signal, Wherein the main ampli?er model mod 
els distortion of the main ampli?er Without generating 
an ampli?ed signal; and 

a summation node adapted to combine the ampli?ed main 
channel signal and the auxiliary channel signal to 
generate the lineariZed ampli?ed output signal. 

43. An ampli?er circuit adapted to generate a lineariZed 
ampli?ed output signal from an input signal, the ampli?er 
circuit comprising: 

a main channel adapted to receive the input signal and 
generate an analog ampli?ed main channel signal using 
an analog main ampli?er operated in its non-linear 
region; 

an auxiliary channel adapted to apply the input signal to 
a digital model of the analog main ampli?er to generate 
an auxiliary channel signal, Wherein the digital model 
models, in a digital domain, distortion of the analog 
main ampli?er; and 

a summation node adapted to combine the ampli?ed main 
channel signal and the auxiliary channel signal to 
generate the lineariZed ampli?ed output signal. 

44. The invention of claim 43, Wherein the digital model 
models the distortion of the analog main ampli?er Without 
generating an ampli?ed analog signal. 

* * * * * 


